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ABSTRACT 



A circuit for separating FM signals from a composite 
signal utilizes a comb filter having successive frequency 
response nulls which span the frequency spectrum of 
the FM signal to be separated. The comb filter response 
is phase linear and defines the pass-band of the desired 
signal. A nonideal or phase nonlinear bandpass filter can 
be cascaded with the comb filter to attenuate out of 
band signals. The cascade combination of the comb 
filter and nonlinear bandpass filters is a cost effective 
substitute for the conventional, complicated phase lin- 
ear bandpass filter having a boxcar frequency response 
traditionally used to separate FM signals. 

10 Claims, 5 Drawing Sheets 
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DETAILED DESCRIPTION 

IjOW DISTORTION FILTERS FOR SEPARATING . , .. , 

ramS oR S MODULATED SIGNALS This invention may be practiced on analog or digital 

^^nu <Sm ! «ICNALS signals, and with regard to the latter may be practiced in 

FROM COMPOSITE SIGNALS 5 2^p ara n c i_ bit oTserial-bit format For purposes of 

, , 4 . ... - „»,„-_ explanation, the invention wfll be described in the envi- 

This invention relates to th^ep^onof phaseor exp^ non, recdver for reproducing BTSC 

frequency modulated signals from composite signals. stereo round 

BACKGROUND OF THE INVENTION The stereo sound system currently utilized in the 

. . , . . . . ... 10 United States was selected by the Electronic Industries 

In filtering phase or frequency modulated signals it is AssociaSioa (eia) under the auspices of its Broadcast 
particularly important not to introduce phase nonlinear- Television Systems Committee (BTSC). The sound 
ities into the signal since such nonlineanties cannot be ^ . comprises a composite signal which is transmit- 
effictively corrected or compensated (as distaguished ^d ^ a carrier in the spectrum space of existing mono- 
from linear distortion). Thus, if the components of, for u pnonic television sound signals. The composite signal 
example, a composite stereo sound signal including an includes a left plus right (L+R) monophonic audio 
FM component, are to be separated without nonlinear sjgnaL a p n, 0 t signal equal to the horizontal scanning 
distortion, the filters employed for separation must be frequency, fa, (15.734 kHz), of the TV receiver, a dif- 
phase linear at least over the pass-bands of the respec- ference signal (L-R) which amplitude modulates a 
tive components. 20 carrier having a frequency of 2f» and a second audio 

Desirably, such filters will have a boxcar shaped program (SAP) signal which frequency modul ates a 
frequency response and be phase linear and distortion- carrier having a frequency of 5f#. The signal spectrum 
less across the pass-band. Practically, such filters are of the composite sound signal is illustrated in FIG. 1- 
diflicult and expensive to realize. The composite sound signal, which is transmitted as a 

25 frequency modulated carrier component of a braodcast 

SUMMARY OF THE INVENTION television signal, is detected in the television receiver 

The present invention comprises filters for separating and demodulated to a baseband composite sound signal 
frequency or angle modulated signals from composite with a frequency spectrum as illustrated in FIG. L The 
annals, comprising the cascade connection of a comb composite sound signal is applied to circuitry such as_is 
fiherhaving a pass-band in the frequency range of inter- 30 illustrated in FIG. 2 for subsequent processing to condi- 
est and a bandpass filter. The comb filter defines the don the audio signals for sound reproduction. 
Z^lcy respond of the separated component and Referring to FIG U the ^°^a^ compo«« 
d^^can^onLear distortion of the instantaneous sourri signal* coupledto an -*&^V^»« 
sS [frequency. The bandpass filter, which may have (ADC) 12 vu, connection la ADC 12 converts die 
^SS attenTmC of band signal compc- 35 £42 SSKS 

""So combination of the comb ^te. and nonid^ ^f^^T^^^^Z^ 
bandpass filter do not provide tie desired ptase hnear Sw^fito u'sdeetrvdy extracts the (L+R) 

boxcar frequency response, butrather a phase hnear ^^^j^ composite sound signal. The (L+R) 
cosmusoidal amplitude versus frequency response The 40 component o PJ« led uTprocessing cir- 

cosinusoidal frequency response, however, is linear and ^ode, for example, de-emphasis 

compensible. circuitry, peaking circuitry, compensating time delays, 

BRIEF DESCRIPTION OF THE DRAWING etc. Output signal from processing circuitry 20 is cou- 

„ . . 45 pled to the matrix 32 wherein it is combined with pro- 

FIG. 1 is a waveform diagram illustrating the fire- £ essed (L _ R) to produce the left, L, and right, 
quency spectrum of a BTSC composite stereo TV p^ au dio signals for stereo reproduction, 
sound signal. Because the composite sound signal is transmitted on 

FIG. 2 is a block diagram of circuitry for processing ^ pj^ e^jer, and because the (L-R) and SAP corn- 
stereo sound signals in a TV receiver. x ponents are at higher frequencies than the (L+R) com- 

FIG.- 3 A is a block diagram of a comb filter for sepa- ponent, they are subject to greater noise distortion. To 
rating FM signal from composite sound signals, em- nupjove this situation, the BTSC system employs com- 
bodying die present invention, and FIG. 3B is a wave- panding of the (L-R) and SAP signals. «in addition, ft 
form diagram of the frequency response of the FIG. 3A was decided to use the same compander for both the 
comb filter. 53 (L— R) and the SAP signals to reduce the cost of the 

FIG. 4 fa a waveform diagram of a bandpass filter receiver. This is possible because the user will only 
which may be cascaded with the FIG. 3A comb filter select to hear one or the other of the stereo signals or 
for separating the SAP signal from BTSC composite dig SAP signal. Thus, the companding circuitry in the 
sound signals. receiver fa made switchable between the (L-R) and the 

FIG. 5 fa a block diagram of an exemplary bandpass go SAP channels, 
filter which may be implemented to provide the fre- Referring again to FIG. 2, composite digital sound 
quency response illustrated in FIG. 4. signal from ADC 12 fa also coupled to a bandpass filter 

FIG. 6 fa a block diagram of filter and demodulation 16 which selectively extracts the (L-R) component 
circuitry embodying the present invention which may from the composite sound signal. The (L-R) compo- 
be utilized in the_SAP channel of the FIG. 2 circuitry. 65 nent fa coupled to an amplitude demodulator 22 which 
— FTG^fTsa block diagram of exemplary circuitry removes the 2Sh carrier from the (L-R) signal. It will 
which may be implemented to compensate amplitude be appreciated by those skflled in the art of signal pro- 
distortion hnparted by the comb filter of FIG. 2. cessing that if the amplitude demodulator 22 is a syn- 
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chronous demodulator, then bandpass filter 16 may be where AF is the maximum deviation of the modulating 

eliminated. The demodulated (L-R) signal is coupled frequency. ACA d^. , t)l . 

to a low-pass filter 26 via a user actuated switch 25. For comb filter miplemented WebSite 

Low-pass filter 26 has a pass-band of approximately 15 maximum frequency deviation is limited to be less than 
t£EtSim£<* band noise. The output of the 5 10 kHz. The maximuin signal delay T is therefore hm- 

tow-na« filter 26 is coupled to the cascade connection ited to 50 jtsec. The SAP earner k located at a fre- 

o^s^tr^xbandeTM and an amplitude expander 30 q»ency Sf^hich is Tive times the horizontal scanning 

wlncKomprSTe receiver compansion system. De- frequency of the televaion signal. It is hkely tha Oe 

wmcn comprise uic icvwvti ».uu. F »uo«, j rnmnosite sound si anal will contain harmonics of the 

tails of the compansion function may be found m the ^^.^^^Z^X^ tend to cause 

article by LJB. Tyler et ^enatled A^mp^dmg J™ * ^\^ y s ^ In addWon> fee 

System for Multichannel TV Sound IEEE Transac- modulates a carrier of 2fe. The delay of 

tions on Consumer Electronics, Vol. CE-30, No 4, £ ^ d ^ ^ advlIIIlgeona i y selected 

Nov. 1984, pp. 633-640, incorporated herem by refer- * e p ^ c f n X^ eeth .. m the conw filter repsonse 

enc f; I atv 19 ic fi,rth« 15 to occur at even multiples of the horizontal scanning 

The composite sound signal from ADC 12 a further f to suppreS s even harmonics of the horizontal 

coupled to the bandpass filter 18 which selective y ex- ^Ln g f requency and the L-R component of the 
tracts the SAP signal. The SAP signal is coupled to the ?^ 

FM demodulator 24 which removes the Sf H earner 0 f onThalf the horizontal scanning period 

from the modulating SAP signal. The demodulated 2Q \ 7A6 ^fSodaAa such a response and satisfies the 
SAP signal is coupled to the low-pass filter 26 and the constraintthat T be less than 50 jxsec for the SAP sig- 
compansion system via user activated switch 25. naJ FIG 3A a comb mUiTt m general form, 

The output of the expander 30 is coupled to a second which produces a mter response having nulls at even 
input of the matrix 32. When the (L— R) signal is cou- mu i t i p les of fa and a bandpass over the frequency spec- 1 
pled to the matrix 32 it generates the left, L, and right, 2i g^^^ by tj, e SAP signal. FIG. 3B illustrates 
R, signals which are coupled to circuitry 34. Circuitry {he f re q U ency response of the comb filter of FIG. 3AJ 
34 performs the function of tone, balance and volume Next cons jde r cascading a bandpass filter with the 
control. The conditioned L and R signals are then con- comb wn ich bandpass filter has a relatively wide 
verted to analog form in a digital-to-analog converter . pM s-band in the spectrum of interest, such that any 
(DAC) 36 for application to a speaker system. 30 nonlinear phase characteristics of the bandpass filter do 

Alternatively, if the SAP signal is coupled to the not occur m the range of the signal spectrum. Such ja 
matrix 32, the matrix 32 is conditioned by the user select fn ter characteristic is illustrated in FIG. 4 drawn with 
signal, to output monophonic signals on the L and R the solid line. The transfer function, H(f), of the band- 
signal paths to circuitry 34. pass filter is described by the equation 

The SAP signal may conveniently be separated from 35 
the composite sound signal by the cascade connection #W=[cos(w/2 ///«)]/[* «» <.*nf/ifH% W 

of a comb filter and a relatively simple bandpass filter. _ J 

A comb filter combines a direct and a delayed represen- This transfer .function _has , nidta at foand.3f^which-w^ 
tation of the direct signal. Consider a direct FM signal cancetthe pUot signal.at-fe and-the third-harmonic 3fe 
to be represented by e*» and the delayed signal to be 40 of the horizontal scanning frequency. . I 
represented by e*P-n where T is the period of delay. The composite ^^^fj^^f 1 ^ 

and the same earner freqeuncy w. The signal x(t) may ^^Ty the comb filter and that the (L+R), tbi 
be expressed as 45 (L-R) and the pilot signal ranges of the frequency 

M=»t+a+&(i) (1) spectrum are significantly attenuated. In addition, all 

harmonics of the horizontal scanning frequency fa, in 
and the signal x(t-T) is thus "P"*™" 11 of interest, except the SAP carrier of 5fe 

are substantially eliminated. 
x(t-T\=M+B+i(t-D 0») 50 A bandpass filter for realizing the transfer function 

1 ' P 91 ' illustrated in FIG. 4 is shown in FIG. 5. In FIG. 5 the 

where a and 0 are constants and <f»(t) and <j>(t-T) rep- signal to be fdtered^ppUed^ermjH!^ 
resent the instantaneous phase of the modulating signal. pled to the cascade-connected delay elements 51-54. 
The sum signal S(t) produced by a comb filter is given Each of the delay elements 51-54 delays the signal by 
/ ' ^ w F ' 55 2H/20 where H is the period of the horizontal scanning 

y frequency. Note, it is assumed that the signal is in digital 

s«= e)( p[.(w+(o+^V2+(<K()+<M'- T»/2].a» format and sampled at a rate of 20 f H . The input signal 

«o-fly2+((M0-<M' t-T))/2). (3) and the output signals from each of the delay elements 

are applied to a signal combiner 55 which sums the 
The phase term of the signal S(t), which is repre- 60 signals with the polarity shown. That is, the input signal 
sented by the exponent, is linear as desired. The ampli- and the output signals from delay elements 52 and 54 are 
hide function of the signal S(t) is defined by the term combined in a positive polarity sense with the output 
cos ((a-/3)/2+(<Kt)— <K t_ T)/2). The argument of signals from delay elements 51 and 53 in a negative 
the cosine term must be prevented from making 180 polarity sense to produce the bandpass filtered outpuj 
degree phase excursions to preclude the introduction of 65 signal OUT. 

audible "clicks." This constrains the term FIG. 6 shows a filtering and demodulating system 
,j,(t)_^(t-T) to be less than 90 degrees. This condition which may be implemented in the SAP channel for 
is satisfied if the product TAF is maintained less than i, elements 18 and 24 in FIG. 2. Digital samples from 
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ADC 12 are coupled to the b^pj^ JHtw 60 which 
may be sdmilar jotiteffl^fflus@tedZmjnGr5and 
having the transfer functiorTdescribed by equation (4). 
The bandpass filtered samples are coupled to the comb 
filter 61 having a transfer function similar to the func- 
tion illustrated in FIG. 3B. The output of the comb filter 
is applied to a digital FM demodulator 62. Demodulator 
62 may be of the type described in U.S. Pat No.' 
4,547,737 entitled "Demodulator of Sampled Data FM\ 
Signals From Sets of Four Successive Samples", mcor- 10 
porated herein by reference. 

The cosmusoidal amplitude response of the filtered 
FM signal produced by the comb filter results in a 
cosinusoidal amplitude response of the demodulated ) 
signal To compensate for the cosinusoidal amplitude 
response of the demodulated signal, a compensating 
circuit or filter 63 is cascaded with the FM demodula- 
tor. The compensating circuit 63 may be inserted either 
before or after the FM demodulator. The compensating ^ 
circuit 63 has a transfer function which tends to be 
complementary to the cosinusoidal roll-off of the fre- ( 
quency spectrum. An example of such a transfer func- 
tion Hc(0 >s given by 



/«/>=3-2 cos {v/lf/fld. 



(5) 



25 



This transfer function-may be realized b vthe circuitry 
illustrated in FIG. 7. In FIG. 7 the signal to be compen- 
sated is applied to terminal 70 and coupled to the cas- 
cade connection of jlehiy elements 71 and 72. Delay 
elements 71 "and 72 each delay signal samples by a per- 
iod of 5H/20 where H is the period of the horizontal 
scanning frequency. Output signal from delay element 
71 is coupled to a scaling circuit 73 which multiplies the 
signal by a factor of three. The output of scaling circuit 
73 is combined in a positive sense with the input signal 
and the output signal from delay element 72, both in a 
negative sense, in combining circuit 74. The output of 
combining circuit 74 provides the compensated signal 
The transfer function described by equation (5) does 
not provide exact compensation for the cosinusoidal 
linear distortion but is quite acceptable, particularly in 
light of the shnpKcity of the circuitry. « 
• The comb filter frequency response illustrated in^ 4J 
FIG. 3B sho ws the pass-band located in the region ofi 
the SAP signal to be symmetrically disposed about the 
SA P carrie r. This is not to be construed as a criterion 
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for the use of a comb filter to. separate phase or fre- 
quency modulated signals. The requirements for proper, 
operation of a system incorporating a^comb.filter are 
that the argument of the cosine of equation (3) not go 
through 180 degree phase shifts and that the pass-band 
of the comb filter include substantially all of the side- 
bands of the information signal to be selectively sepa- 
fitted* 

The comb filter of FIG. 3A includes a subtraction 
circuit 40 which establishes the frequency response 
nulls at even multiples off//. If an adder circuit is substi- 
tuted for subtraction circuit 40, the frequency response 60 
nulls will occur at odd multiples of fa. A comb filter 
with frequency response nulls at odd multiples of fa can 
be advantageously utilized to separate the (L— R) com- 
ponent of composite sound signal of the (EIAJ) Japa- 
nese system stereo TV sound signal This is so because 
the (L— R) component of composite sound singal, in the 
Japanese system, is a FM carrier at 2f//. The first nulls in 
the comb filter frequency response occur at fa and 
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3f//and advantagesouly cancels buzz created by these 
subharmonics. 

In the claims appended hereto, the term composite 
signal is meant to include a signal or signal spectrum 
which includes more than one information signal such 
as the BTSC stereo signal. This definition also includes 
a band of signals received by an FM antenna. Thus, the 
scope of the claims is intended to include apparatus for 
separating FM radio signals from the spectrum of 
braodcast FM signals. 

What is claimed is: 

1. Apparatus for separating a phase or frequency 
modulated signal from a composite signal, comprising: 

a source of composite signal including a phase or 
frequency modulated component; • 

a comb filter having a frequency response defined by 
a plurality of alternating amplitude nulls and a 
maxima and wherein a frequency spectrum be- 
tween two successive ones of said nulls encom- 
passes the entire frequency spectrum occupied by 
said component to be separated; 

a bandpass filter having a pass-band including the 
frequency spectrum occupied by said component 
which pass-band is wider than and spans the fre- 
quency spectrum between said two successive ones 

of said nulls; 

eans for coupling said comb filter and said bandpass 
filter in series with said source, wherein said comb 
filter defines the pass-band frequency response and 
said bandpass filter provides signal attenuation 
outside of said pass-band in the series combination 
of said comb filter and said bandpass filter. 

2. The apparatus set forth in claim 1 wherein said 
comb filter linearly distorts the amplitude response of 
said component signal and the apparatus further in- 
cludes: 

circuitry coupled in series with said comb filter and 
said bandpass filter to correct linear amplitude 
distortion imparted to said component signal by 
said comb filter. 

3. The "apparatus set forth in claim 1 wherein said 
composite signal includes a frequency modulated car- 
rier, the carrier frequency being substantially an integer 
multiple, N, of the horizontal scanning frequency, fa of 
a television signal, and said comb filter comprises: 

an input terminal; 

a delay element having an input coupled to said input 
terminal and having an output, said delay element 
for delaying signal by a period substantially equal 
to 1/2 the period of the scanning frequency fa; 
signal combining means, having first and second in- 
puts coupled to said input terminal and the output 
of said delay element respectively, and haying an 
output terminal at which comb filtered signal is 
produced. 

4. The apparatus set forth in claim 3 wherein said 
combining means is a subtraction circuit and the nulls of 
said comb filter response occur at even multiples of fa. 

5. The apparatus set forth in claim 4 wherein said 
bandpass filter is a finite impulse response filter, the 
frequency response of which has a null at fa. 

6. In a TV receiver for reproducing stereo sound and 
secondary audio program (SAP) signals, apparatus for 
separating FM SAP signal from base-band composite 
sound signal, comprising: 

a source of said base-band composite sound signal; 
a comb filter, having input and output terminals, and 
having a frequency response with nulls separated 
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by twice the horizontal scanning frequency of the 
TV receiver, two successive ones of said nulls 
being symmetrically disposed about the earner 
freqeuncy of said FM SAP signal, the frequency 
response of said comb filter between said two sue- 5 

cessive nulls defining the pass-band of the sepa- 
rated FM SAP signal; • 

a bandpass filter having a pass-band including said 
two successive nulls, for attenuating signal spectra 
outside of the spectrum between said two succes- 10 
sive nulls; and 

means for coupling said bandpass filter and said comb 
filter in series with said source. 

7. The apparatus set forth in claim 6 wherein said 
comb filter comprises: 15 

a delay dement, having input and output terminals, 
for delaying signal by a period equal to one-half the 
period of said horizontal scanning frequency; 

signal combining means having first and second input 
terminals coupled to the input and output terminals 20 
of said delay element respectively for combining 
signal with delayed signal to produce a comb fil- 
tered signal. 

8. The apparatus set forth in claim 7 wherein said 
combining means is a subtraction circuit 25 

9 Apparatus for separating a component of compos- 
ite TV stereo sound signal including a pilot signal, com- 



a source of said composite signal; 

a delay element having an input terminal coupled to 
said source and having an output terminal, for 
delaying signal available from said source by a 
period substantially equal to one-half the period of 
said pilot signal; 

combining means coupled to said source and the 
output of said delay element for combining non- 
delayed signal from said source and delayed signal 
from said delay element 

10. Apparatus for separating a component of compos- 
ite TV stereo sound signal including a pilot signal, com- 
prising: 

a source of said composite signal; 

a delay element having an input terminal coupled to 
said source and having an output terminal, for 
delaying signal available from said source by a 
period substantially equal to one-half the period of 
said pilot signal; ■ 

combining means coupled to said source and the 
output of said delay element for combining non- 
delayed signal from said source and delayed signal 
from said delay element; and 

a bandpass filter serially coupled with said delay 
element and said combining means and having a 
pass-band greater than the frequency spectrum 
occupied by the signal to be separated. 
• * * » * 
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